Introduction
In this paper, we evaluate a new technique for synthesizing individualised binaural room impulse responses (BRIRs) for headphone-rendered virtual auditory spaces (VAS) from measured B-format room impulse responses (RIRs) and a listener's anechoic head-related impulse responses (HRIRs). B-format RIRs are recorded using a Soundfield microphone (e.g. [1] ) and the recorded RIR characterises the acoustical transformation of a sound signal, due to the room, from the source position to the recording location. The advantage of using a Soundfield microphone is that the directional characteristics of the RIR are also encoded within the B-format signals, which consist of an omni-directional pressure signal, W (t), and three orthogonal figure-of-eight pressure-gradient signals, X(t), Y (t) and Z(t), oriented in the directions of the Cartesian axes. The recorded B-format RIR can then be used to recreate the sound field of the room for playback over loudspeakers or headphones. In the following, we first review the application of B-format RIRs for loudspeaker playback and then consider common adaptations of this technique for headphone playback.
Ambisonic decoding has traditionally been used for loudspeaker playback of B-format signals. With the Ambisonic technique, a monaural sound source signal is first filtered with the B-format RIRs to produce a set of B-format signals, B. Ambisonic decoding then solves a least-mean square optimisation problem ( [2, 3] ) based on the location of the loudspeakers to obtain the decoding matrix M d . Given the decoding matrix, the vector of loudspeaker feeds, L, are obtained using
Consider now the results obtained with Ambisonics. With a limited number of loudspeakers, the size of the listening area and frequencies at which the sound field can be accurately reconstructed is limited due to spatial aliasing. Above the spatialaliasing frequency (typically around 400 Hz), correcting gains that maximize the location of the high frequency energy in the direction of a source are applied. To increase the size of the listening area, an additional decoding correction is proposed in [4] such that the loudspeakers are fed "in-phase", that is, the decoding minimises the energy delivered from loudspeakers diametrically opposite to the sound source location. To differentiate between Ambisonic decoding and that of Ambisonic decoding with in-phase correction, the respective terms "Ambisonic -max re " and "Ambisonic -in-phase" will be used in this paper.
An alternative method for loudspeaker playback using B-format RIRs is Spatial Impulse Response Rendering or SIRR ( [5] ). SIRR assumes that perfect reconstruction of the original sound field is not necessary to reproduce the spatial impression of a room, but rather the same spatial impression can be generated by recreating the time-frequency features of a sound field. The SIRR method applies an energy analysis to the B-format RIRs in the time-frequency domain in order to determine the direction of arrival and the diffuseness of the energy for each time-frequency tile. The time-frequency analysis is typically performed using a short-time Fourier transform (STFT). The information derived from the analysis is then used to create a set of decoding filters for the loudspeaker array. A monaural source signal is then filtered with the decoding filters to generate loudspeaker signals that preserve the direction of arrival, diffuseness and spectrum of the sound field when played back over the array of loudspeakers.
The SIRR energy analysis is based on the concept of sound intensity which describes the transfer of energy in a sound field. For a given time-frequency tile, the active intensity, I a (k, ω), and diffuseness, ψ(k, ω), of the B-format RIR are given by:
and
where W (k, ω) and V(k, ω) are the STFT (k is the time-frame index and ω is the frequency variable) of W (t) and V(t) = X(t)e x + Y (t)e y + Z(t)e z , respectively, where e x , e y and e z are the unit vectors in the directions of the Cartesian * {akan,craig,andre}@ee.usyd.edu.au co-ordinate axes; * denotes the complex conjugation, |.| denotes the absolute value of a complex number, . denotes the norm of a vector, and Z 0 is the acoustic impedance of air (typically 413.2 Nsm -3 at 20
• C). The quantity ψ takes a value between 0 and 1. A value of ψ = 1 indicates an ideal diffuse sound field (no net transport of energy), and a value of ψ = 0 signifies the sound field consists only of a directional component. From the intensity vector, the direction of arrival of the net flow of energy, i.e. the azimuth, θ(k, ω), and elevation, φ(k, ω), can be calculated as:
where
are the components of the active intensity in the directions corresponding to the Cartesian co-ordinate axes.
After performing the energy analysis of the B-format RIRs as described above, an STFT representation of the decoding filters for the loudspeaker array are determined as follows. It should be noted that for each time window, zero-padding is user prior to the Fourier transform to prevent time-domain aliasing. For each time-frequency tile, the omni-directional signal, W (k, ω), is split into directional and diffuse components according to the diffuseness estimate ψ(k, ω). The directional component is given by: 1 − ψ(k, ω)W (k, ω) and the diffuse component by: ψ(k, ω)W (k, ω). At each time-frequency tile, the directional component is distributed among the decoding filters using a vector-based amplitude panning (VBAP) technique ( [6] ), while the diffuse component is added to all of the decoding filters using a technique that distributes the total diffuse energy in a decorrelated manner among all of the loudspeakers. In [7] , a decorrelation method is suggested for SIRR whereby random panning of the diffuse energy from different loudspeakers is used at the low frequencies (< 800 Hz), with a smooth transition (800 -1200 Hz) into a phase randomization method at the high frequencies. Time-domain decoding filters for the loudspeakers are obtained by applying an inverse STFT to the STFT representation of the decoding filters with appropriate overlap-and-add processing.
To render the signals from Ambisonics or SIRR over headphones as VAS, a virtual loudspeaker technique is commonly used in which the loudspeaker signals are filtered with the HRIRs corresponding to the direction of the loudspeaker relative to the listener and summed together to create left and right headphone signals (e.g. [8] ). However, the limitations on the number and position of the loudspeakers should not be a factor when reproducing the sound field over headphones. For example, the quality of an Ambisonic decoding varies with the order of the decoding and also on the number of loudspeakers. With too many loudspeakers, Ambisonics solves an under-determined system of equations to determine the decoding matrix and the quality of the reproduction suffers. On the other hand, with too few loudspeakers the directional resolution of sound sources will suffer. The SIRR method partly overcomes the problems associated with using a large number of loudspeakers in an Ambisonic decoding. It achieves this by using VBAP, but the diffuse or ambient sound is often incorrectly reproduced. In this paper, we propose a new method for using B-format RIRs to generate an individualized VAS for headphone playback which is not limited by the number and position of the loudspeakers. We will refer to this method as binaural sound field rendering (BSFR). The results of a listening test, that compares the proposed method with the traditional virtual loudspeaker decoding methods presented above, will be presented in this paper. Table 1 . The different sound excerpts are shown along with the name (key) with which the sound will be identified with in the rest of the paper.
where θ i and φ i are the azimuth and elevation co-ordinates, respectively, corresponding to the direction of the HRTF, and N is the number of HRTFs. The phase of the diffuse field part of the BRIRs is then estimated by a spectrogram inversion technique ( [9] ), which minimises the mean-squared error between the calculated spectra of the diffuse field response without phase information and the spectra of the diffuse field response with estimated phase information, while maintaining phase continuity between time windows by buffering a small number of time windows until future windows have been processed. The directional and diffuse-field part of the BRIRs are then combined together and the time-domain BRIRs are obtained by applying an inverse STFT to the STFT representation of the BRIRs with appropriate overlap-and-add processing.
Listening Test
A listening test was conducted to evaluate the different methods for generating individualized, headphone-rendered VAS from B-format RIRs compared to the VAS generated using measured BRIRs recorded at the ears of subjects. The measured BRIRs were recorded individually on subjects, using a "blocked ear canal" method ( [10] ) in a room 7.52 x 12.14 x 2.72 m 3 in size. A Tannoy V6 loudspeaker, driven by an Ashley 4400 power amplifier, was used to provide the stimulus. The loudspeaker was located 2.7 m in front of the subject at a height of 1.5 m. A silent computer equipped with an RME Multiface sound card was used to play and record the audio signals at a 48 kHz sampling rate. Since the output transfer function of the loudspeaker did not have constant gain across frequency, a compensation filter was used so that the output transfer function of the loudspeaker was flat within 3 dB between 300 Hz and 20 kHz. A 6 s long logarithmic sine sweep from 10 Hz to 20 kHz, filtered with the compensation filter, was used as stimulus and the BRIRs were recovered from the recorded sweep using standard techniques ( [11] ). An RIR was also recorded using the same setup but with a Soundfield MKV microphone at the location of the subject's head. HRIRs were also recorded for each of the subjects in an anechoic chamber using the "blocked ear canal" method. HRIRs were recorded for 393 different sound source directions, around the subject's head (see [12] for more details about the HRIR recording process). HRIRs for any sound source direction were then obtained by interpolation of the 393 HRIR recordings using a spherical thin-plate spline interpolation method ( [13] ).
The listening test was conducted in a sound-attenuating booth to reduce external sound interference. Sound stimuli were presented using Etymotic ER-1 headphones from an RME Multiface soundcard attached to a computer located outside the booth. An adapted version of the multi-stimulus test with hidden reference and anchor (MUSHRA) paradigm ( [14] ) was used. In the standard MUSHRA paradigm, a subject is asked to rate how close each test stimuli, generated by different methods, is to a reference sound using a scale from 0 to 100 divided into 5 equal intervals, where However, during informal listening tests, it was determined that making one rating for each VAS generation method was too difficult since the sounds generated by the different methods differed from the reference in a number of perceptual aspects. Hence, subjects were instructed to first rate the test stimuli on three perceptual attributes prior to making an overall rating of the test stimuli. The three perceptual attributes were: (1) the quality of the reverberation in the sound, that is, whether the test sound sounded like it was in the same room as the reference; (2) the quality of the sound source, that is, how similar the sound source was to the reference and whether there were noticeable timbral difference or changes in the sound source width; and (3) the position of the sound source, that is, how close the sound source was in position compared to the reference sound. Sliders were provided on a graphical user interface for the subject to make the ratings for each trial. After rating each test stimuli on the perceptual attributes, the subject was then asked to make an overall rating of the test stimuli. For the overall ratings, subjects were required to rate one of the sounds in each trial at a score of 100 and one at a score of 0, while for the perceptual attributes, subjects were not required to rate any of the stimuli at a particular score. A comment box was also provided for subjects to leave comments about the sound stimuli.
Test stimuli were generated using Ambisonic -max re decoding, Ambisonic -in-phase decoding and SIRR for 8 virtual loudspeakers, and BSFR. The virtual loudspeakers were placed at the corners of a cube. For BSFR and SIRR, 3 ms sinesquared windows with 50% overlap were used for the energy analysis. The same windows were used for the synthesis with 1.5 ms zero-padding before and after each window. For BSFR, the diffuse-field HRTF was calculated by averaging the 393 recorded HRTFs for each subject separately. The reference sound was created by filtering the anechoic sound stimuli with the measured BRIRs. A low quality anchor stimuli was created by filtering the anechoic sounds with the anechoic HRIR of the subject for a sound source in front of the listener and low-passed filtered at 3.5 kHz. A total of 8 anechoic sounds were chosen for the experiment and taken from the Music for Archimedes and Denon Professional Test CDs (see Table 1 ). The loudness of all test stimuli were normalized using the method described in [15] .
14 subjects participated in this experiment. Of the 14 subjects, 7 subjects have had extensive experience participating in listening tests, 5 subjects had some previous experience participating in listening tests and 2 subjects had no previous experience in listening tests. 
Results
The mean overall rating given by subjects for the different VAS generation methods are shown for each sound in Figure 2 , along with the 95% confidence interval. A number of observations can be made: (1) the VAS generated by all methods were noticably different to the reference VAS (2) for most of the sounds, subjects gave similar scores to Ambisonic -max re and Ambisonic -in-phase decoding methods; (3) for two of the sounds, trumpet and violin, the BSFR method was, on average, rated higher than the other methods; and (4) the scores for SIRR are lower compared to the other methods for most sounds.
Discussion and Conclusions
A listening test was conducted to evaluate a number of different methods for generating an individualized, headphonerendered VAS from B-format RIRs. The results show that for all methods there is a noticeable difference in the VAS generated from the different methods compared to the VAS generated using measured BRIRs. Anecdotally, subjects commented that the VAS generated by the different methods were acceptable, even reasonable, except for SIRR where most subjects commented that the reproduced sound field was too reverberant. This is due to the fact that there is no control over the amount of decorrelation applied in the decorrelation method used in SIRR. In the case of the trumpet and violin sounds, there is an improvement in the generated VAS when using BSFR. Furthermore, the BSFR method was anecdotally reported to provide a better frontal image. Subject ratings in these sounds for the three perceptual attributes indicate that there was improved position localization and timbral qualities of the sound sources. In summary, while the B-format RIRs do not provide complete information to synthesize perceptually-accurate BRIRs, the BSFR method provides a technique that is not limited by the position or number of loudspeakers and seems to capture the reverberant characteristics of the sound field reasonably well.
